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TABLE I
SYSTEM PARAMETERS

Abstract—The performance of turbo-equalized Global System
of Mobile Communications/General Packet Radio Service
(GSM/GPRS)-like videophone transceivers is studied over dispersive fading channels as a function of the number of turbo
equalization iterations. Iteration gains up to 6 dB were attained.
The operating channel signal-to-noise ratio (SNR) required for
maintaining a peak SNR loss of less than 1 dB was reduced by 3.2
dB for the one-slot system and by 4.1 dB for the four-slot system.
The proposed system is capable of providing low-resolution
videophone services over GSM/GPRS.
Index Terms—GSM, GPRS, turbo equalization, wireless video
telephone.

I. MOTIVATION AND BACKGROUND

T

HE EXISTING second-generation (2G) wireless systems
[1] now constitute a mature technology. In the context of
these 2G systems, attractive value-added services can be offered to a plethora of existing users with the advent of video
telephony. Although the 2G systems have not been designed
with video communications in mind, with the aid of the specially designed error-resilient, fixed-rate video codecs [3]–[6]
proposed by Streit et al., it is nonetheless realistic to provide
videophone services over these low-rate schemes. In our previous work, we designed a suite of fixed-rate, proprietary video
codecs [3]–[6] that are capable of operating at a video scanning
or refreshment rate of 10 frames/s over an additional speech
channel of the 2G systems. More explicitly, these video codecs
were capable of maintaining sufficiently low bit rates for the
provision of videophony over an additional speech channel in
the context of the operational 2G wireless systems [1], provided that low-dynamic head-and-shoulder video-sequences of
144-pixel so-called quarter common intermediate
the 176
format (QCIF) or 128 96-pixel sub-QCIF video resolution are
employed. We note, however, that for high-dynamic sequences,
the 32 kb/s typical speech bit rate of the cordless telephone systems [1], such as the Japanese PHS, the digital European cordless telephone (DECT), or the British CT2 system, is more adequate in terms of video quality. Furthermore, the proposed programmable video codecs are capable of multirate operation in
the third-generation (3G) universal mobile telecommunications
system (UMTS) [2], [1] or in the so-called IMT2000 [2], [1] and
cdma2000 [2], [1] systems.
While in [3]–[7], constant video rate proprietary video
codecs and reconfigurable quadrature amplitude modulation
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(QAM) based [8] transceivers were used, in this contribution,
constant-envelope Gaussian minimum shift keying (GMSK)
[1] was advocated. Specifically, the feasibility of H.263-based
video telephony was investigated in the context of an enhanced
turbo-equalized GSM-like system, which can rely on power-efficient class-C amplification. The associated speech compression
and transmission aspects are beyond the scope of this contribution [9].
The outline of the paper is as follows. Section II summarizes the
associated system parameters and system’s schematic,while Section III provides a brief overview of turbo equalization. Section IV
characterizes the system both in terms of turbo equalization performance and video performance. Lastly, Section V provides our
conclusions. Let us now consider the outline of the system.
II. SYSTEM PARAMETERS
In this contribution, a Global System of Mobile Communications /General Packet Radio Service (GSM/GPRS)-based [1]
videophone scheme is proposed and characterized. The associated system parameters are summarized in Table I, while the
system’s schematic is portrayed in Fig. 1. An advanced feature of the system is that it employs joint channel equalization
and channel decoding, which is referred to as turbo equalization
[10], [11]. The fundamental principles of turbo equalization are
described in Section III.
The system uses the GSM frame structure [1], and the
COST-207 Hilly Terrain channel model, whose impulse response is shown in Fig. 2. Each transmitted packet is interleaved
over two GSM TDMA frames, in order to disperse bursty errors.
The GPRS system allows the employment of multiple timeslots per user. We studied both a GSM-like system using one slot
per TDMA frame, and a GPRS-like arrangement with four slots
per TDMA frame, a scenario where the user is assigned half the
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TABLE II
SUMMARY OF SYSTEM-SPECIFIC BIT RATES

Fig. 1. System schematic for turbo-equalized video system.

Fig. 2. COST207 Hilly Terrain channel model.

maximum capacity of an eight-slot GPRS/GSM carrier. The bit
rates associated with one and four slots per TDMA frame are
shown in Table II.
Assuming that the processing delay is negligible, the delay of
the system is dependent on the length of the channel interleaver.
As specified in Table I, the interleaver lengths of the one- and
four-slot systems are 232 and 928 bits, respectively. This corresponds to the transmission of two TDMA frames, each having
a duration of 4.615 ms. Therefore, the total delay of the system
is 9.23 ms.
The effective video bitrates that can be obtained in conjunction with half-rate convolutional coding are 10 and 47.5
Kb/s for the one and four slots per TDMA frame scenarios,
respectively. Again, the system’s schematic is shown in Fig. 1.
The basic prerequisite for the duplex video system’s operation
is that—as seen in Fig. 1—the channel decoder’s output
is used for assessing, whether the received packet contains
any transmission errors. Since the H.263 video codec [3]
extensively employs variable-length compression techniques,
it achieves a high compression ratio. However, as with all
entropy- and variable-length coded bit streams, its bits are
extremely sensitive to transmission errors. This error sensitivity
was mitigated in our system by employing an adaptive packetization and packet dropping regime [3] for improving the
error resilience of the baseline H.263 codec, which refrained
from using the negotiable advanced coding options of the
standard. If there were channel decoding errors, the receiver
instructed the remote transmitter—by superimposing a strongly
protected repetition-coded packet acknowledgment flag on
to the reverse-direction message—to drop the corresponding

video packet following the philosophy of [3] and [7]. This
prevents the local and remote video reconstructed frame buffers
from being contaminated by channel errors. Let us now briefly
consider the associated aspects of turbo equalization. Due to
these measures, the associated video performance degradation
was found perceptually unobjectionable for packet dropping or
transmission frame error rates (FER) below about 5%, although
this issue will be detailed in more depth during our further
discourse. Due to lack of space, some of the implementation
details are omitted, which can be found in [3] and [7].
III. OVERVIEW OF TURBO EQUALIZATION
Turbo equalization was proposed by Douillard et al. in
1995 [10], [11] for a serially concatenated rate
convolutional-coded binary phase shift keying (BPSK) system.
Specifically, Douillard et al. demonstrated that the turbo
equalizer was capable of mitigating the effects of inter-symbol
interference (ISI), provided that the channel impulse response
(CIR) is known. Instead of performing the equalization and
error-correction decoding independently, better performance
can be achieved by performing the channel equalization and
channel decoding jointly and iteratively. Gertsman and Lodge
[12] then showed that the iterative process of turbo equalizers
can compensate for the degradations due to imperfect channel
estimation. Turbo equalization schemes for the Global System
of Mobile Communications (GSM) were also investigated by
Bauch and Franz [14], [15], and Jordan as well as Kammeyer
[16], [17].
The basic philosophy of the original turbo equalization
technique stems from the iterative turbo decoding algorithm
consisting of two soft-in/soft-out (SISO) decoders, a structure,
which was proposed by Berrou et al. [18], [19], [11]. Before
proceeding with our in-depth discussion, let us briefly define
below the terms a priori, a posteriori, and extrinsic information,
which we employ throughout this paper.
• A priori: The a priori information associated with a bit
is the information known before equalization or decoding
commences, from a source other than the received sequence
or the code constraints.
• Extrinsic: The extrinsic information associated with a bit
is the information provided by the equalizer or decoder based
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Fig. 3. Structure of original turbo equalizer introduced by Douillard et al. [10].

on the received sequence and on the a priori information
of all bits with the exception of the received and a priori
.
information explicitly related to that particular bit
• A posteriori: The a posteriori information associated with a
bit is the reliability information that the SISO algorithm provides taking into account all available sources of information
about the bit .
As mentioned previously, the turbo equalizer of Fig. 3
consists of a SISO equalizer and a SISO decoder. The SISO
equalizer in Fig. 3 generates the a posteriori probability upon
receiving the corrupted transmitted signal sequence and the
a priori probability provided by the SISO decoder. However,
during the initial iteration stages, i.e., at the first turbo equalization iteration, no a priori information is supplied by the
channel decoder. Therefore, the a priori probability is set to
, since the transmitted bits are assumed to be equiprobable.
Before passing the a posteriori information generated by the
SISO equalizer to the SISO decoder of Fig. 3, the contribution
of the decoder, which is in the form of the a priori information,
accruing from the previous iteration must be removed, in order
to yield the combined channel and extrinsic information. This
also minimizes the correlation between the a priori information
supplied by the decoder and the a posteriori information generated by the equalizer. The term “combined channel and extrinsic
information” indicates that they are inherently linked—in fact
they are typically induced by mechanisms, which exhibit
memory—and hence they cannot be separated. The removal
of the a priori information is necessary, in order to prevent
the decoder from “reprocesing” its own information, which
would result in the so-called ‘“positive feedback” phenomenon,
overwhelming the decoder’s current reliability-estimation of
the coded bits, i.e., the extrinsic information.
The combined channel and extrinsic information is channeldeinterleaved and directed to the SISO decoder, as depicted in
Fig. 3. Subsequently, the SISO decoder computes the a posteriori probability of the coded bits. Note that the latter steps are
different from those in turbo decoding, which only produces the
a posteriori probability of the source bits, rather than those of
all channel coded bits. The combined deinterleaved channel and
extrinsic information is then removed from the a posteriori information provided by the decoder in Fig. 3 before channel interleaving, in order to yield the extrinsic information. This is to
prevent the channel equalizer from receiving information based
on its own decisions, which was generated in the previous turbo
equalization iteration. The extrinsic information computed is
then employed as the a priori input information of the equalizer in the next channel equalization process. This constitutes
the first turbo equalization iteration. The iterative process is repeated, until the required termination criteria are met [13]. At

Fig. 4. BER versus channel SNR for one and four slots per TDMA frame, and
for one, two, and ten turbo-equalizer iterations, over the channel of Fig. 2.

this stage, the a posteriori information of the source bits, which
has been generated by the decoder is utilized to estimate the
transmitted bits.
IV. TURBO EQUALIZATION PERFORMANCE
Let us now characterize the performance of our video system.
Fig. 4 shows the bit-error rate (BER) versus channel signal-tonoise ratio (SNR) for the one- and four-slot scenarios after one,
two, and ten iterations of the turbo equalizer. The figure shows
the BER performance improvement upon each iteration of the
turbo equalizer, although there is only a limited extra performance improvement after five iterations. The figure also shows
that the four-slot scenario has a lower BER than the one-slot
scenario. This is because the four-slot scenario has a longer interleaver, which renders the turbo equalization process more effective due to its increased time-diversity.
Let us now consider the associated packet-loss ratio (PLR)
versus channel SNR performance in Fig. 5. The PLR is a
more pertinent measure of the expected video performance,
since—based on the philosophy of [3], [7]—our video scheme
discards all video packets, which are not error-free. Hence, our
goal is to maintain as low a PLR, as possible. Observe in Fig. 5
that the associated iteration gains are more pronounced in terms
and
of the PLR than in the BER. Specifically, at BER
, the iteration gain obtained by the four-slot
at PLR
system after performing ten turbo equalization iterations is 2
and 5 dB, respectively.
It should be noted furthermore that for low SNRs, the
packet-loss performance of the four-slot system is inferior to
that of the one-slot system, while the BER is similar or better
at the same SNRs. This is because the probability of having a
single bit error in the four-slot video packet is higher due to its
quadruple length. This phenomenon will be further augmented
in Section IV-B.
A. Video Performance
The video quality performance is directly related to the PLR
of our video system. Fig. 6 shows the associated average peak
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Fig. 5. Video PLR versus channel SNR for one and four slots per TDMA
frame, and for one, two, and ten turbo equalizer iterations over the channel of
Fig. 2 using convolutional coding.

Fig. 7. Video quality in PSNR (decibels) versus channel SNR for one and four
slots per TDMA frame, and for one, two, and ten turbo equalizer iterations, using
the low-activity “Miss America” video sequence over the channel of Fig. 2 using
convolutional coding.

Fig. 6. Video quality in PSNR (decibels) versus channel SNR for one and
four slots per TDMA frame, and for one, two, and ten iterations of the turbo
equalizer upon using the highly motion active “Carphone” video sequence over
the channel of Fig. 2 using convolutional coding.

Fig. 8. Video quality in PSNR (decibels) versus time using four slots per
TDMA frame, and for one, two, and ten iterations of the turbo equalizer for the
low-activity “Miss America” video sequence using convolutional coding.

SNR versus channel SNR performance, demonstrating that an
improved video quality can be maintained at lower SNRs, as
the number of iterations increases. Additionally, the higher bit
rate of the four-slot system corresponds to a higher overall video
quality. Explicitly, up to 6-dB SNR gain can be achieved after
ten turbo equalization iterations, as seen in Fig. 6, while maintaining a given PSNR.
Fig. 6 characterized the performance for the highly motion-active “Carphone” sequence. However, the performance
improvements are similar for the low-activity “Miss America”
video sequence, as seen in Fig. 7. Observe that the lower
activity “Miss America” video sequence is represented at a
higher video quality at the same video bit rate. A deeper insight
into the achievable video quality improvement in conjunction
with turbo equalization can be provided by plotting the video
quality measured in PSNR (decibels) versus time, as seen
in Fig. 8, for the “Miss America” video sequence using the

TABLE III
MINIMUM REQUIRED OPERATING CHANNEL SNR FOR THE QCIF CARPHONE
SEQUENCE OVER THE CHANNEL OF FIG. 2

four-slot system at a channel SNR of 6 dB for one, two, and ten
iterations of the turbo equalizer.
Specifically, the bottom trace of the figure shows how the
video quality varies in the one-iteration scenario, which is equivalent to conventional equalization. The sudden reductions in
video quality are caused by packet-loss events, which result in
parts of the picture being “frozen” for one or possibly several
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(a)

(b)

(c)

(d)

Fig. 9. PDF of bit errors per 116-bit packet for the one-slot system for a range of channel SNRs and (a) one, (b) two, (c) five, and (d) ten iterations over the
channel of Fig. 2.

consecutive video frames. The sudden increases in video quality
are achieved, when the system updates the “frozen” part of the
video picture in subsequent video frames. The PLR for this scenario was 10% at the stipulated SNR of 6 dB.
The video quality improved significantly with the aid of two
turbo equalizer iterations, while the PLR was reduced from 10%
to 0.7%. In the time interval shown in Fig. 8, there are eight lost
video packets, six of which can be seen as sudden reductions in
video quality. However, in each case, the video quality recovered with the update of the “frozen” picture areas in the next
video frame.
We have found that the maximum acceptable PSNR videoquality degradation with respect to the perfect-channel scenario
was about 1 dB, which was associated with near-unimpaired
video quality. In Table III, we hence tabulated the corresponding
minimum required channel SNRs that the system can operate at
for a variety of scenarios, extracted from Fig. 6. As can be seen
from the table, the minimum operating channel SNRs for the
one- and four-slot system using one iteration is 9 and 7.5 dB,
respectively. This corresponds to a system using conventional
equalization. A system using two turbo equalization iterations
can reduce these operating SNRs to 7.2 and 5.2 dB, respectively.
The minimum operating SNRs can be reduced to as low as 5.8
and 3.4 dB for the one- and four-slot systems, respectively, when
invoking ten iterations.

B. Bit-Error Statistics
In order to demonstrate the benefits of turbo equalization
more explicitly, we investigated the mechanism of how turbo
equalization reduces the bit error and PLRs. We found that the
distribution of the bit errors in video packets after each iteration
provided us with interesting insights. Hence, both the PDF and
the CDF of the number of bit errors per video packet was evaluated.
Fig. 9 shows the probability density function (PDF) of the
number of bit errors in each 116-bit video packet for a range of
channel SNRs and for different numbers of iterations. However,
the bar for zero bit-errors was removed to aid clarity. Therefore,
when more video packets become error-free, the height of the
invisible zero bit-error bar increases, and hence the area under
the remaining visible bars decreases.
The figure clearly demonstrates that upon each additional
iteration the number of erroneous video packets decreases,
and—more significantly—the number of packets having a
small number of bit errors decreases significantly. However,
the probability of packets having a large number of errors,
about 40 in this case, is only marginally reduced. Therefore,
as expected, turbo equalization can reduce the number of bit
errors in packets having a small number of errors, and in some
cases reduces the number of errors to zero, thereby improving
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(a)
Fig. 10. CDF of the “in-packet” BER at a channel SNR of 2 dB over the
channel of Fig. 2, and for various number of iterations for the turbo-equalized
one- and four-slot systems using convolutional coding.

the PLR. However, the packets having a high proportion of bit
errors cannot be rendered error-free by turbo equalization.
In order to allow a fair comparison between the one- and
four-slot system, we normalized the number of bit errors per
packet to the video packet size, hence producing the CDF of
“in-packet” BER. Fig. 10 shows the CDF of the “in-packet”
BER for a channel SNR of 2 dB and for one, two, five, and ten
iterations, for both the one- and four-slot systems. It should be
noted that the value of the CDF for an “in-packet” BER of zero
is the probability that a packet is error-free, and hence can be interpreted as the packet success ratio (PSR). The PLR is equal to
one minus the PSR. For example, the four-slot system in Fig. 10
at one iteration has a PSR of 0.22, which corresponds to a PLR
of 78%.
Both the one- and four-slot system increase the PSR as
the number of iterations increases. For example, the four-slot
system increases the PSR from 22% to 92%, as the number of
iterations is increased from one to ten. This corresponds to a
reduction in the PLR from 78% to 8%. However, the CDF of
“in-packet” BER can provide further insight into the system’s
operation. It can be seen in Fig. 10 that the turbo equalizer
iterations reduce the number of packets having “in-packet”
BERs of less than 30%. However, the probability of a packet
having an “in-packet” BER higher than 35% is hardly affected
by the number of iterations, since the number of bit errors
is excessive, hence overwhelming even the powerful turbo
equalization.
By referring to Figs. 4 and 5, it can be seen that the four-slot
system always has a lower BER, than the one-slot system, although at low SNRs the PLR is higher for the four-slot system.
The CDF in Fig. 10 can assist in interpreting this further. Explicitly, the CDF shows that the PSR improves more significantly for the four-slot system, than for the one-slot system, as
the number of iterations increases. This is because the four-slot
system allows the employment of a longer interleaver, thereby
improving the efficiency of the turbo equalizer. However, the
CDF also underlines a reason for the lower BER of the four-slot
system across the whole range of SNRs, demonstrating that the

(b)
Fig. 11. CDF of “in-packet” BER performance over the channel of Fig. 2 for
the turbo-equalized (a) one- and (b) four-slot system for channel SNRs of 0, 2,
and 4 dB invoking one and ten iterations using convolutional coding.

probability of packets having a high “in-packet” BER is lower
for the four-slot system. Since packets having a high “in-packet”
BER have a graver effect on the overall BER than those packets
having a low “in-packet” BER, this explains the inferior overall
BER performance of the one-slot system.
Fig. 11 shows the CDF of “in-packet” BER for conventional
equalization and with the aid of ten turbo equalizer iterations for
0-, 2-, and 4-dB channel SNRs. Fig. 11(a) represents a one-slot
system, while Fig. 11(b) represents a four-slot system. The figures also show the PLR performance improvement with the aid
of turbo equalization.
V. SUMMARY AND CONCLUSIONS
The performance of turbo-equalized GSM/GPRS-like videophone transceivers was studied over dispersive fading channels
as a function of the number of turbo equalization iterations. Iteration gains in excess of 4 dB were attained, although the highest
per-iteration gain was achieved for iteration indices below five.
As expected, the longer the associated interleaver, the better
the BER and PLR performance. In Fig. 8, it was observed that
the turbo-equalized system was capable of reducing the number
of erroneous packets, compared to the conventional noniterative equalization and decoding scheme. Furthermore, Table III
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showed that by using turbo equalization, the operating channel
SNR required for achieving a 1-dB PSNR loss was reduced by
3.2 dB for the one-slot system and by 4.1 dB for the four-slot
system. In conclusion, GPRS/GSM are amaneable to video telephony and turbo equalization is a powerful means of improving
the system’s performance. Our future work1 will improve the
system’s performance invoking the MPEG4 video codec, using
space–time coding and burst-by-burst adaptive turbo equalization.
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